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The design of an online synchronous writing clinic is described.  Two novel 
mechanisms have been designed to provide the two fundamental capabilities for the 
clinic: (1) synchronous text co-editing, and (2) Internet voice delivery.  Therefore, the 
participants are able to synchronously edit a common text file on-line with voice com-
munication support by using the synchronous text co-editing tool.  Furthermore, the de-
signed policy-based forward error correction voice transmission mechanism delivers 
good voice conversation quality when handling delay, jitter, and packet loss on the 
Internet. The developed system not only has great value in supporting applications such 
as CSCW, Internet Telephony, or Multimedia Instruction on Demand (MID), but also 
has been applied in the area of Distance Language Learning by exploiting the integration 
of computer and networking capabilities with linguistic and pedagogical principles. 
 
Keywords: computer supported cooperative work (CSCW), voice transmission, 
co-editing, distance learning, computer assisted language learning (CALL) 
1. INTRODUCTION 
With the rise of the World Wide Web, there has been a corresponding resurgence in 
Computer Assisted Language Learning (CALL).  Currently, there are numerous com-
mercially available packages ranging in format from CD-ROMs to interactive systems 
over the Internet.  While CD-ROMs are limited in terms of the resources that can be 
included and in the level of interactivity and responsiveness to individual users, interac-
tive systems have the advantage of transcending these limitations. 
Among the distance learning systems on the Internet, a fundamental distinction can 
be drawn between two basic modes of interaction that are available: asynchronous and 
 
 
Received April 19, 2000; revised August 29 & December 20, 2000 & January 8, 2001; accepted May 15, 2002.  
Communicated by Chuen-Tsai Sun. 
*
 The present work is partly supported by National Science Council Taiwan ROC under NSC 
88-2213-E-032-002. 
CHIN-HWA KUO ET AL. 
 
250 
 
synchronous interaction.  In systems using the asynchronous mode, lecture content is 
provided, typically on web pages.  Learners may pose their questions or opinions on 
discussion boards, and e-mail serves as the main communication channel.  These sys-
tems lack capabilities for real-time communication between instructors and learners or 
among peers.  In environments that use the synchronous mode, on the other hand, sys-
tems are required that support real-time communication modules and interactivity.   
In the field of CALL, the use of Computer Mediated Communication (CMC) has 
been examined to some extent.  Of course, the potential for educational applications of 
CMC has risen commensurately with the advent and rise of the Internet. The design and 
use of synchronous CMC systems for CAI and more specifically for CALL on the Inter-
net have not been widely reported in the literature [19-22].  The available studies make 
some instructive points which our design has taken into consideration.   
While neither a pipe dream nor cure-all, synchronous online CMC as a pedagogical 
tool has been reported to increase learners’ willingness to engage in discussions with 
teachers and fellow learners [18, 19].  In fact, Ess reports a carry-over effect where less 
communicative students not only become more expressive in CMC modes, but also sub-
sequently participate more in classroom interactions as well.   
The design of the present system has taken these issues into consideration.  The 
system reported on here is a synchronous English writing clinic, called WriteNow, which 
has been designed for and implemented on the Internet.  In the writing environment, we 
make use of a web-based user interface and provide two main functions: (1) an online 
essay display board with synchronous co-editing and dialog capabilities, and (2) 
real-time voice communication.  Two algorithms are developed to provide the above 
functions.  The Temporal And Spatial Data conflict detection (TASD)[1] algorithm is 
designed to overcome the data inconsistency problem and provide user flexibility in the 
co-editing process.  The policy-based forward error correction voice transmission algo-
rithm is designed to handle issues such as packet delay, jitter, and packet loss on the 
Internet in order to provide improved quality voice conversation.  In addition, for edu-
cation purposes, we provide an online comment bank for tutors in which frequently used 
comments can be easily stored, retrieved, and offered to students during online tutorial 
sessions. 
The WriteNow system, then, differs from conventional CALL software packages in 
that it offers global access over the Internet, identifies the needs of learners and tutors, 
and provides online tools designed to meet these needs. 
In the following sections, the description of the system is organized as follows.  In 
section 2, an overview of the system is given.  In section 3, we illustrate the design phi-
losophy and building blocks of the system. The system implementation and user interface 
are described in section 4. The experiment results of the efficiency of voice transmission 
are given in section 5. Directions for future work and a conclusion are given in section 6. 
2. SYSTEM OVERVIEW 
WriteNow is one module in a larger web-based English learning environment de-
signed to give learners and teachers access to each other and to online learning resources 
[14]. 
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To simulate an on-site writing clinic on the Internet and to exploit the potential of 
the integration of computers, communication networks, and language education, the 
proposed writing environment is equipped with the following special tools and functions. 
(1) Co-editing: This function provides an environment to mediate communication be-
tween learner and tutor or peer and peer concerning a specific portion of text written 
by a learner.  The essay under discussion is pasted by the learner onto the essay dis-
play frame and is displayed simultaneously on the tutor’s and learner’s computer 
screens.  By using the mouse to select any portion of the displayed text, both the 
learner and tutor are able to work on the same sentence and immediately identify the 
writing problem.  Co-editing the same sentence, however, may result in conflicting 
data if a suitable co-editing mechanism is not available [1, 4].  To satisfy this re-
quirement, a novel textual co-editing mechanism has been developed. 
(2) Online conversation: To enhance communication between the participants within 
this environment, a real-time voice conversation channel has been provided.  Since 
most of the current Internet environments deliver only best effort service, we have 
developed a voice transmission scheme to provide improved quality voice transmis-
sion for our purposes.  The developed policy-based forward error correction voice 
transmission algorithm can overcome conditions such as packet delay [6-8], jitter 
[12], and packet loss [9-11, 13] on the Internet. 
(3) Comment bank: This component provides users with the ability to mark a specific 
portion of an essay and immediately give comments concerning that portion of text.  
Giving comments is the basic tool that tutors have for conveying their specific sug-
gestions to students about a piece of student writing. 
 
Based on the above design philosophy and system requirements, the proposed sys-
tem has the system framework shown in Fig. 1.  With the above functions, the learner 
and tutor are able to work in a real-time interactive learning environment.  
Real-time voice
communication
Co-Editing
environment
Discussion
board
Session
management
Online Writing Clinic  module
Communication
interface
Communication
interface
TutorLearner
Comment
bank
 
Fig. 1. The system framework of WriteNow. 
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3. DESIGN OF SYNCHRONOUS ENGLISH WRITING CLINIC 
The design of the synchronous English writing clinic, WriteNow, is presented in this 
section. In the WriteNow module, we focus on designing the functions that provide 
real-time communication capability and interactivity. We describe below the design of 
the system’s special features: (1) the textual co-editing environment, (2) voice transmis-
sion on the Internet, and (3) the comment bank design. 
3.1 Textual Co-editing Environment 
The basic purpose of the co-editing environment is to allow two users who are 
separated by distance) for example, a student and a tutor or two students) to discuss a 
piece of student writing and specifically to enable both parties to focus on the same por-
tion of text at the same time and communicate clearly about that portion of text.  In 
other words, the environment is intended to allow synchronous tutorial sessions for writ-
ing instruction. 
This co-editing environment includes two modes, a control mode and a free mode. 
By designing these two modes, we are simply offering a choice to the users.  Each mode 
has certain advantages and limitations, and users can choose accordingly.  In the control 
mode, a priority scheme is set in place so that the tutor can overwrite the learner’s output. 
In the free mode, the environment allows a two-way override in order to give the users a 
higher degree of flexibility in modifying the essay.  The flexibility of the free mode is 
especially useful for peer editing, where neither of the participants necessarily is the 
“authority” figure, and the two can engage in mutual exchange much as peers would in 
discussing their writing face to face. 
In the free mode, however, data conflict can occur.  With conventional, floor con-
trol mechanisms, such as token control, the data conflict problem is resolved at the cost 
of some degree of flexibility [3, 5].  In the proposed approach, a co-editing mechanism, 
Temporal And Spatial Data conflict detection (TASD) [1], is developed which takes data 
consistency and user flexibility into account.  The designed algorithm resolves data 
conflict by using an undo process.  Naturally, data conflict arises when two events oc-
cur within the same markup area.  Further analysis of the events into relationships such 
as temporal relations, spatial relations, and event attributes makes it possible to avoid 
many undo processes. 
The version of the co-editing algorithm proposed here is an extension of our previ-
ous work [1].  An event is, for example, an editing operation, such as insert, or delete. 
As shown in Fig. 2, the user first marks up the area of interest and then performs the de-
sired operations.  An event consists of information such as the scope of the mark up 
area, the operation type, and so on at the local end.  When the user presses the enter key, 
an event is then generated and transmitted.  Users need to operate the markup procedure 
to indicate the area of interest before any text editing operations are performed.  Here-
after, we will simply refer to the markup area as the area.  When one manipulates the 
characters D, E, or F, the location of the character C is called the starting position 
(start_po) of the area. 
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A  B  C  |D  E  F  G  H  I  J ......
area (the markup area)
start_po
 
Fig. 2. The spatial notation of a markup area. 
Consider the following scenarios: 
(1) Both events have the same starting position:  
In this case, data conflict usually occurs. 
(2) Events have different starting positions: 
Both events’ starting positions (start_po) and lengths are extracted.  Assume event 
A has a starting position that is ahead of event B.   
(a) Both A.start_po.  and B.start_po.  are not in the intersection area: 
As shown in Fig. 3, since A.start_po.  and B.start_po.  are not located in the 
intersection area, the delete or insert operations of A or B will not affect the 
other event. 
   A.start_po B.start_po
 
Fig. 3. A situation which may occur during co-editing. 
(b) Only A.start_po is in the intersection area: 
The result is the same as (1).  The operations A and B do not affect each 
other.   
(c) Only B.start_po is in the intersection area: 
As the starting position of B is located inside the area of A, conflict may oc-
cur.  If event A entails an insert operation, conflict will not occur.  If event 
A entails a deletion, data conflict will depend on the delete length.  In this 
case, if the content block that the user wants to delete in the markup area of A 
covers B.start_po, data conflict will result.  On the other hand, this implies 
that there is no data conflict.   
(d) Both A.start_po and B.start_po are in the intersection area: 
If the starting position of both events is located in the intersection area, con-
flict may occur.   
Each event has its own sequence in the co-editing process.  If two events occur at 
the same time, data conflict may occur.  The proposed co-editing algorithm, TASD, 
detects the event sequence by using a sequence flag s.  A sequence flag is generated and 
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transmitted to the other site when an event occurs.  We will make use of the sequence 
pair (s1，s2) to illustrate the process.  As shown in Fig. 4 (a), if both sites generate the 
sequence flag 0, the resulting sequence pair (0,0) indicates that data conflict may occur.  
Further analysis will follow to determine whether data conflict does exist or the two 
events can be performed simultaneously.  If the events occur sequentially, however, as 
in (b), the first event will be indicated with sequence flag 0, and the second event will be 
denoted with sequence flag 1.  The resulting sequence pair (0,1) indicates that these two 
events have no data conflict.   
Site A Site B
s = 0 s = 0
      
Site A Site B
s = 0
s = 1
 
(a) Two events are simultaneous          (b) Two events are sequential 
Fig. 4. Events sequence flags. 
The block diagram of the TASD algorithm is shown in Fig. 5.  It determines 
whether the events have spatial intersection.  If the two events entail the same start_po, 
event sequence flag comparison then follows.  As mentioned before, the sequence pair 
(0, 1) indicates that the events are sequential rather than simultaneous, implying the no 
conflict condition.  On the other hand, the sequence pair (0, 0) indicates a conflict con-
dition.  One of the events then must undergo the undo process.  If two events do not 
have the same start_po, further event attribute analysis is performed in the instruction 
conflict-detecting block as shown in Fig. 5.  If the result indicates no conflict, both 
events proceed and circumvent the undo process.  If a spatial conflict is found, however, 
the temporal sequence determination operation needs to be performed as described above.  
The detailed event attribute analysis and implementation can be found in [1].   
3.2 Voice Transmission on the Internet 
As is well known, currently, the Internet offers only point-to-point best-effort ser-
vice, which may lead to packet delay, delay variation, and packet loss.  As a result, the 
voice quality is degraded.  We have designed a policy-based forward error correction 
voice scheme to overcome this type of transmission difficulty.   
A representation of the desired mechanisms offered in the voice tool is shown in Fig. 
6 [2].  We emphasize the design of the redundant packet sending mechanism and QoS 
monitoring mechanism. The redundant packet sending mechanism evaluates the sending 
packet based on a set of compression packet formats to compensate for packet loss. The 
QoS monitoring mechanism serves the purpose of collecting the present network traffic 
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Fig. 5. The block diagram of the TASD co-editing algorithm. 
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Fig. 6. The adaptive scheme for packet audio over the Internet. 
conditions, such as delay, delay jitter, and packet loss.  This information is then used in 
playout time adjustment. 
3.2.1 Loss and delay measurement mechanism 
The delay and loss measurement mechanism judges the current network delay state 
by measuring the following three parameters:  the network loss rate (lNw), the smoothed 
loss rate (lsmooth), and the loss rate after reconstruction (lRw).  Then, this information is 
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passed to the QoS adjustment mechanism to determine whether the system needs to use 
redundant information in the present packet to reconstruct the lost main information of 
the previous packets.   
The network loss rate lNw is computed as follows: 
i
Nw
w
l
δ
−= 1  
where δi represents the expected received packet number in a certain period of time, and 
w denotes the actual number of packets received.   
After this calculation, we can refresh the smoothed loss rate lsmooth that represents 
the long-term network loss rate: 
WNsmoothsmooth
lll ×+×−= αα)1(  
where α is the linear recursive filter gain constant.  Here, α equals 0.998. 
As redundant packets are transmitted, the loss rate after reconstruction lRw is shown 
as follows: 
( )TwNwRw ell −×= 1  
where eTw represents the error correction rate. 
 
3.2.2 QoS adjustment mechanism 
 
The designed QoS adjustment mechanism is similar to that in [2].  Only when it 
receives the starting packet of the new talk spurt, the receiving end begins to run the QoS 
adjustment mechanism.  As shown in Fig. 7, according to the smoothed network loss 
rate lsmooth, the network loss rate lNw, and the loss rate after reconstruction (lRw), the QoS 
adjustment mechanism queries the table of the corresponding network congestion state in 
order to determine the bandwidth usage and redundant package sending policy.  The 
details of the above corresponding relationship are shown in Tables 1 and 2.  The policy 
table is given in Table 3.  
Sending Rate
Control
QoS
Adjustment
Log Array
Delay & Loss
Measurement
Policy Table
query
Policy#
Playout
Buffer
query
Dq
lNw , lRw , lsmooth
Policy#
 
Fig. 7. The QoS adjustment mechanism. 
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In Table 1, L% and U% represent the lower bound and the upper bound of network 
loss rate, respectively.  If the resulting lsmooth is less than L%, this implies a light traffic 
situation.  Network bandwidth utilization is allowed to increase to a certain value, μ.  
If the resulting lsmooth is greater than U%, this implies a heavy traffic situation.  The 
network bandwidth utilization requires a decrease by a certain percent in the current 
bandwidth, ν.  We useμ= 2.4kbp,ν= 0.875 [15, 16], and L = 5 and U = 25 in the 
implementation [15]. 
Table 1. Network congestion state vs. bandwidth usage. 
Loss Rate State Bandwidth New Bandwidth 
lsmooth < L% Unloaded Increase bandwidth = bandwidth + μ 
L% < lsmooth < U% Loaded Maintain bandwidth = bandwidth 
lsmooth > U% Congested Reduce bandwidth = bandwidth * ν 
Next, we compute L’, the maximum of (lNw, lsmooth), to query the table as shown in 
Table 2 to obtain the corresponding number of redundancies. In the case where L’ < L%, 
no redundant packets are added.  If L’ > U%, two redundant packets are transmitted 
with the primary packet. 
Table 2. Loss rate vs. redundant information usage. 
Loss Rate Primary 
1st 
Redundancy 
2nd 
Redundancy 
 L’ < L% ○   
 L% < L’< U% ○ ○  
 L’ > U% ○ ○ ○ 
Based on the bandwidth usage and redundant information as described above, the 
policy number is determined as indicated in Table 3.  This policy number is then sent 
back to the sending end.  The sending end also maintains the policy table in order to 
choose the sending packet format for the next talk spurt.   
3.3 Comment Bank Design 
The comment bank is designed with a standard set of comments and an optional set 
of comments.  The standard set of comments is shared among all tutors, whereas each 
tutor has an optional set of comments which she or he can edit or modify according to 
individual preferences.  The most frequently used comments can be collected in the 
comment bank so that tutors need not type them each time from scratch but can simply 
select them from the bank. 
4. IMPLEMENTATION AND RESULTS 
In this section, we describe the implementation of two main components in 
WriteNow: (1) voice transmission, and (2) the user interface and co-editing environment. 
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Table 3. Policy table. 
Redundancy Primary 
1st 
redundant 
2nd 
redundant 
Bandwidth Policy 
0 PCM - - 64 1 
0 ADPCM - - 32 2 
0 GSM - - 13 3 
1 PCM ADPCM - 96 4 
1 PCM GSM - 77 5 
1 PCM LPC - 68.8 6 
1 ADPCM GSM - 45 7 
1 ADPCM LPC - 36.8 8 
1 GSM LPC - 17.8 9 
2 PCM ADPCM GSM 109 10 
2 PCM ADPCM LPC 100.8 11 
2 PCM GSM GSM 90 12 
2 PCM GSM LPC 81.8 13 
2 PCM LPC LPC 73.6 14 
2 ADPCM GSM GSM 58 15 
2 ADPCM GSM LPC 49.8 16 
2 ADPCM LPC LPC 41.6 17 
2 GSM GSM GSM 39 18 
2 GSM GSM LPC 30.8 19 
2 GSM LPC LPC 22.6 20 
MS VC++ is used as the programming tool in the implementation.  Currently, the sys-
tem runs on the Windows 98, Windows 2000 or Windows NT platforms and is available 
for students in the Department of English at Tamkang University [16]. 
(1) Implementation of voice transmission 
The voice transmission scheme is shown in Fig. 8.  It consists of silence detection, 
compression, and transmission, as discussed in section 3.2.  We utilize APIs, such 
as ACM Functions (Audio Compression Manager) and Winsock II, under Windows 
98, Windows 2000 and Windows NT in the implementation of voice compression 
and media transmission, respectively.   
 
(2) Implementation of the user interface and co-editing 
The graphic user interface of WriteNow is shown in Fig. 9.  After initiation of the 
main page, a user can select the tutor from the online user list.  When the connec-
tion is made between the two users, the learner and tutor can make use of the 
co-editing area for editing.  The markup area will also appear on the screen at the 
remote site, allowing both users to focus simultaneously on the same portion of text 
though they are at distant locations.  The comment bank also appears during a tu-
toring session.  A voice control panel and text discussion board are provided as 
well.  Thus, users may choose these communication channels for their convenience. 
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Fig. 8. The voice transmission scheme. 
 
Fig. 9. The WriteNow synchronous virtual writing clinic GUI. 
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5. EXPERIMENT RESULTS 
To verify the efficiency of the proposed voice transmission scheme, in the section 
we show two sets of experiment results: (1) results for an experiment conducted over a 
simulative network, and (2) results for an experiment conducted over the Internet. 
 
5.1 Experiment Conducts Over a Simulative Network 
 
First, we performed an experiment based on a simulative network.  The network 
architecture is shown in Fig. 10.  It consists of two routers and four testing computers. 
The testing scenario is described as follow.  Two of these testing computers, labeled 
Sender and Receiver, are responsible for voice transmission and retrieval through these 
two routers. The other testing computers, labeled Traffic generator and Background traf-
fic receiver, are responsible for generating background traffic to noise the voice trans-
mission. In the Traffic generator, we adopt the mgen program to generate two kinds of 
background traffic simultaneously. Among these two types of noise traffic, one is sent at 
a rate of 5000 packets per second, and the other is sent at a rate of 10,000 packets per 
second. The packet size for both types of traffic is set at 512 bytes. Generally speaking, 
these two types of noise traffic can cause the packet loss rate to increase by 10 % to 15 %, 
on average. 
Cisco router
PC-based router
Traffic generator
Sender Receiver
Background traffic receiver
Audio packets Audio packets
Background
traffic
Background
traffic
Background
traffic
Audio packets
 
Fig. 10. Testing environment of the simulative network. 
In addition, some important parameters are defined in the proposed algorithm as 
follow:α = 0.998, µ = 4.8, ν = 0.875, L = 5, and U = 10.  Based on the above testing 
scenario, the experiment results are shown in Fig. 11. 
In Fig. 11, the dotted line represents the native network packet loss rate (lNw), and 
the solid line represents the resulting packet loss rate obtained by adopting the proposed 
scheme (lRw).  As shown in this figure, the developed QoS adjustment mechanism can 
reduce the packet loss rate to 8 %.  In addition, when the redundant packet reconstruc-
tion scheme is employed, the packet loss rate decreases to 1 %. 
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Fig. 11. Experiment results obtained over the simulative network. 
5.2 Experiment Conducted Over the Internet 
 
We performed voice tool testing from Tamkang University, which is located in 
northern Taiwan, to National Sun Yet-Sen University, which is located in southern Tai-
wan, on the Internet. The selected parameters of the proposed algorithm were as follows:
α = 0.998002, L = L’ = 5, U = U’ = 25, μ= 4.8kbps andν= 0.875. We used a 20 ms 
duration to form a packet size.  The results are shown in Fig. 12 for a test which con-
sisted of 38,000 packets.  
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Fig. 12. Experimental results obtained over Internet. 
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The common network packet loss rate was around 20 % to 30 % over this link 
(Tamkang University to National Sun Yet-Sen University).  As shown in Fig. 12, the 
developed QoS adjustment mechanism reduced the network packet loss rate (lNw) to 10 % 
(denoted by the dotted line).  When the redundant packet reconstruction scheme was 
used, the packet loss rate (lRw) decreased to 1 % to 2 % (denoted by solid line). 
6. CONCLUSIONS AND FUTURE WORK 
Advances in computer and Internet technology has resulted in dramatic changes in 
contemporary society.  At this stage, one critical challenge produced by these changes is 
how to use these technologies in the development of novel and effective learning envi-
ronments.  In this paper, we have presented our design philosophy, premised upon the 
integration of computer and networking technologies, and language pedagogy in the con-
struction of a synchronous virtual writing clinic, WriteNow, on the Internet.  The pro-
posed system breaks down the temporal and spatial limitations.   
To achieve the design goals, the developed system consists of the following features 
that are distinct from usual networked writing environments.  First, it provides a 
co-editing environment with voice communication support, which allows users to attend 
to a common focal point though separated by great distances.  Thus, users may co-edit 
the same sentence and then identify relevant learning problems immediately.  Second, a 
comment bank is provided which includes comments for encouragement and reinforce-
ment, for correction, and for practical matters of session management. Through the tu-
tor’s use of the designed comment bank, a learner can be made aware of the nature of his 
or her problems and strengths and can be offered immediate resources that address these. 
The proposed system is currently being tested in the Department of English at Tam-
kang University.  The corresponding software works under Windows 98/2000/NT and 
is available from our web site [17]. The synchronous writing clinic is currently integrated 
with a complementary asynchronous writing environment–an interactive English writing 
system in IWiLL used by over 200 English majors and six English professors at 
Tamkang University.  The resulting system constitutes a novel multifaceted writing 
environment for second language learners and teachers. 
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